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© Microphone apparatus. 
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A microphone apparatus having a first microphone for picking up a desired sound and a second 
microphone with directionality in which sensitivity is low to sound arriving in said desired direction. A 
sound signal from the second microphone is supplied to a subtracting circuit through an adaptive filter. 
The subtracting circuit subtracts an output signal of the adaptive filter from the sound signal coming 
from the first microphone. Means are provided to adjust the adaptive filter so that an output power of 
the subtracting circuit is minimized. The setup implements a microphone system which is compact in 
size and easily provides desired directionality. 
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The present invention relates to a microphone apparatus. 

With a so-called camcorder, a lightweight television camera with an incorporated VCR, for example, sound 
around an object is recorded while the object is being filmed. In recording the sound, the camcorder is designed 
so that only the sound coming from the direction of the object is recorded. That is, the camcorder is provided 
5 with a directional microphone that picks up the sound coming in to the front of the camcorder. 

One example of a microphone apparatus of this type is known as a "gun microphone." This microphone 
is provided, as shown in Fig. 1, with a pipe 2 extending from a diaphragm 1. The pipe 2 is provided with many 
through-holes 3 in its side wall, providing directionality in which the microphone is highly sensitive to a sound 
coming from its front and long the center line of the pipe 2, or the opposite side of the diaphragm 1. 
10 To be more specific, as shown in Fig. 1A, acoustic waves coming from ahead of the microphone (the right- 

hand in the figure) have the same path length to the diaphragm 1 whether they arrive at it from top of the 
pipe 2 or any one through-hole 3, so that they arrive in the same phase to be added together. 

In contrast, as shown in Fig. 1B, an acoustic wave coming from a side of the pipe 2 through different 
through-holes 3 differ in phase because their path lengths from the through-holes, or incident positions, to 
15 the diaphragm 1 are different Likewise, as shown in Fig. 1C, an acoustic wave coming from rearwardly of the 
microphone arrives via different through-holes 3 at the diaphragm 1, causing a phase difference in the acoustic 
wave, or an incident signal. A plurality of holes 3 in the pipe 2 are arranged so that incident acoustic signals 
weaken each other. The microphone shown in Fig. 1 has a directionality such that which sensitivity is low to 
acoustic waves coming from the side or back of the pipe. 
20 Thus, the gun microphone as shown in Fig. 1 provides a directional microphone having a high sensitivity 

to an acoustic wave coming from ahead of the microphone. 

However, as described above, this microphone requires the pipe 2, which is long, thereby making large 
the microphone's external dimensions. 

Additionally, this unidirectional microphone has the high sensitivity only to acoustic waves coming from 
25 the front of the microphone, providing fixed, inflexible directionality. This makes it difficult to record not only 
sound coming from in the desired direction of source but also sound coming, for example, from sides of the 
camcorder. 

It is therefore an object of the present invention to provide a microphone apparatus which is compact in 
size and easily provides desired directionality. 
30 In carrying out the invention and according to one aspect thereof, there is provided a microphone appa- 

ratus comprising a first microphone 11 (this and other reference characters below are identified in the accom- 
panying drawings) for recording a desired sound, a second microphone having directionality in which sensitivity 
in the direction of the desired sound is low, an adaptive filter means 24 to which a sound signal is supplied 
from the second microphone, and a subtracting means 15 for subtracting an output signal of the adaptive filter 
35 means 24 from a sound signal of the first microphone 11 , wherein the adaptive filter means 24 is adjusted to 
minimize an output power of the subtracting means 15. 

If directions in which sounds to be recorded come are different, it indicates that their sources are different 
and correlation between between them is often low. In the above-mentioned novel constitution, directionality 
of the second microphone 21 is low in sensitivity in the direction of desired sound. Therefore, correlation is 
40 low between a sound signal from the second microphone 21 and a sound signal from the first microphone 11. 
If the sound signal from the second microphone 21 is assumed to be a noise, the microphone apparatus ac- 
cording to the invention has a constitution of an adaptive noise reduction system. In this system, when the 
output power of the subtracting means is minimized, the sound signal of the second microphone 21 is removed 
from the sound signal of the first microphone 11, providing only a desired sound from the first microphone 11 
45 as an output sound signal. The adaptive noise reduction system is disclosed in U.S. Patent Application Serial 
No. 07/680,408 for example. 

That is, the microphone apparatus according to the invention has the adaptive noise reduction system 
which makes distinction between desired sound and noise depending on sound arrival direction wherein the 
directionality of the second microphone 21 is arranged to make the system mainly sensitive to the arrival di- 
sc rection of desired sound. 

The invention will be further described by way of non-limitative example with reference to the accompa- 
nying drawings, in which: 

Fig. 1 is a diagram illustrating an example of a prior-art microphone apparatus; 
Fig. 2 is a block diagram of an embodiment of the microphone apparatus according to the invention; 
55 Fig. 3 is a diagram illustrating an example of direction at ities of the first and second microphones; 

Fig. 4 is a diagram illustrating an example of an adaptive filter circuit of Fig. 2; 
Fig. 5 is a diagram describing the operation of the microphone apparatus according to the invention; 
Fig. 6 is a diagram illustrating another example of the directional ities of the first and second microphones; 
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Fig. 7 is a diagram illustrating still another example of the first and second microphones 

F-fluB ,s a d.agram explaining an example of constituting the microphone with a plurality of microphone 

unte"d di39ram i,IUStratin9 eX3mP,e ° f COnStitUUn9 the micr °P hone -th a plurality of microphone 
Fig. 10 is a diagram illustrating another example of a part of the constitution of Fig. 9. 
DESCRIPTION OF THE PREFERRED EMBODIMENTS 

10 

m JZ fh! enera ' u " derstandin 9 of the feat «res of the present invention, references are made to the embodi- 
ment of the mtcrophone apparatus according to the invention as shown in Fig 2 

refer^e'Zeral'fl UlT^ "T* " " 3 main ' nPUt micro " h ° ne f °' ™^ding a desired sound and 
AK in Fig. 3, or a d^ecbon from up to down (hereinafter referred to as a front direction) This setun k TntZ^Z 

sizrsr * e to ,he rear direc,ioa not to ,he front direc6on ° r the i-srt 

toa n A A n" d S ' 9 ?' P jf f " P " y the mai " input micro P h °"e 11 and converted into an electrical signal is fed 
A sound signal picked up by the reference microphone 21 and converted into an electrical standi f»H ,„ 

s^ssr^s? a r ^ be converted in, ° a ^ ^^^£ts 

,ton^f ,h I ! P 9nal ° f ' he ad3p,iVe fi,ter circuit 24 is fed to «•» subtracting circuit 15 The cutout 

- XLIZZttTS^^XirJZXl''-*-'- 

phone 11 and a sound s,gnal other than coming from the front direction the sound signa. TEXtouZ 
referee ,npu, m.crophone 21 is subtracted by the subtracting circuit 15 from the sound signal pLed up bv 
« signeT ' m,CrOPh ° ne ,0 bS remOVed ' maki " 9 the S " b * aCti "° *»* 15 P"' °"' °n.y tZZZ ^sound 

un tne otner nand - the reference input sound signal from the A-D converter 9-* h« «i n™ 

liSn^STT- "? reference inpul sound si9nal nl ha * ^l^^^^^^ 

so fnn^ ! 9 " adaP " Ve processin 9 a| 9° rilnm •«*•• the adaptive filter circuit 24 f il er the referenct 

'^s^^sttixi ™™ s the mer *- 24 - « a ^n r r r 

Here, suppose that s, n0 . and n1 be statistically stationary and their average be 0, then an output is- 

e = s + nO - y 

- by J^^ZZZZZS™ s and 00 and belween s and y - an expected — °«*"<* 
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E [e2] = E [ S 2] + E [(nO - y)2] + 2 E [s (nO - y) ] 
5 = E [s2] + E [ (nO - y)2] 

The adaptive filter circuit 24 is adjusted to minimize E [e 2 ]. At this time, E [s 2 ] is not affected; 

Emin[e 2 ] = E [s 2 ] + Emin [(nO - y) 2 ] 
10 That is, minimizing E [e 2 ] in turn minimizes E [(nO -y) 2 ], making the output y of the adaptive filter circuit 

24 equal to an estimator of the noise nO. And an expected value of the output from the subtracting circuit 15 
becomes only the desired signal. In other words, adjusting the adaptive filter circuit 24 to minimize a total output 
power is equal to making the subtracting output e be a least square estimator of the desired sound signal s. 
Referring to Fig. 4, one embodiment of the adaptive filter circuit 24 is exemplarily shown by using an al- 
ts gorithm of so-called LMS (Least Mean Square). 

As shown in Fig. 4, an adaptive linear coupler 300 of FIR filter type is used in this example. This linear 
coupler comprises a plurality of delay circuits DL1, DL2,. . .DLm (m is a positive integer) respectively having 
a delay time Z~ 1 of unit sampling time, multipliers MXO, MX1,...MXm for multiplying an output signal of each of 
the delay circuits DL1 , DL2,...DLm by the input signal nl, and an adder 31 0 for adding outputs of the multipliers 
20 MXO through MXm. An output of the adder 310 is equivalent to y shown in Fig. 2. 

A weight to be supplied to the multipliers MXO through MXm is formed based on the residual signal e com- 
ing from the subtracting circuit 15 in an LMS computing circuit consisting in a microcomputer for example. An 
algorithm to be executed in the LMS computing circuit 320 is as follows: 
As shown in Fig. 4, let an input vector X k at time k be: 

25 X k = [X 0k X lk X 2k ... X^ 

and an output be y k and the weight be w^ (j = 0, 1, 2... .m), then a relation between input and output is 
as shown in equation (1). 
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m 



40 



45 



3-0 ... (1) 

35 If a weight vector W k at time k is defined as 

W k = [w 0k w 1k w 2k ... w mk ]T 
then, the relation between input and output is given as 

y h = XJ-Wk 

Let a desired response be d k , then an error e k with the output is represented as follows: 



*k = <3 k - y k 

= d k - X k T- Wk 



With LMS technique, the weight vector is updated by the following relation: 

W k + , = W k + 2u-e k .X l( 
where, n is a step gain for determining adaptivity speed and stability. 
Thus, the sound signal mainly consisting of the desired sound signal, removed of the noise, appears on 
so the output pin 17. 

Meanwhile, to reduce the noise in the main input by using the reference input by means of the adaptive 
processing as described above, there should be no correlation between desired sound and reference noise 
as mentioned above. For this reason, conventional adaptive noise reduction systems of this type take such 
measures as preventing to pick up a desired sound in a reference input by sound-proofing the reference input 
55 microphone or placing it as near a noise source as possible to separate it away from a main input microphone. 
However, these measures make the systems large and inconvenient to move them around. 

In contrast, the present invention makes distinction between desired sound and noise depending on the 
sound arrival direction. And it is so arranged that the main input microphone 11 has directionality (including 
non-directionality) in which a sound coming from the desired sound arrival direction may be picked up and the 
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20 



25 



input mfcrophone 21 is -20 dB to 1 * O ° rn " ,d,rect,onal "»m input microphone is o dB and th-» » ,k 
side, and -0 7 dB to ato^n Comin 9 from the front side o dB to % h thatof the reference 

"SSf:r~~~-r~ — - 

« - tnata region shown^tes^ ET ^ ^* ^£ W 

where c stands for acoustic velocity C1R1 = d/c 
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^ T*? "? aPP6ar - lhiS freqUenCy characteris ««= con*ting circuit 36 is provided on an 
as required basis, or it need not be always provided. 

units T 30 STpo 'rndPrr"' 6 OPera,e 38 ,O " 0WS - *• Sh0Wn in R9 - 8 ' ,et ou, P uts ° f lw0 microphone 
rtlhnl ntf« ? 3 S ° Und ,ou,ee iS ' 0Cated at an 9' e " 10 the direcfi °" «n which the two mi- 

crophone units are arranged and a sound arrives from the source at each microphone unit, then output P1 is- 

P1 = P0£ " Md/e)cos8 

where, - is an angular frequency. 

nuW^ionI?P ° f miC ^ ph ° ne unit 31 is fed to the attracting circuit 32 through the filter 33. so that an 
output signal Pa of the subtracting circuit 32 is as given by equation (2): 



P a 



(l^ Ai "i«(d/c) cos^ 
%P0 -Jl-A+i*, (d/c) 



PO 



J t ^ ( d / c ) 




... (2) 

In the equation (2), A indicates a filter function of the filter 33, and - d/c « 1 

In the equation (2), if equation (3) below is satisfied, the output Pa is unidirectional: 

1-A= jud/c 
A 1 — j cj d / c = 



1 + j a> d / c 

.:.(3) 

That is, if the equation (3) is satisfied, the equation (2) becomes: 

Pa = P0jw(d/c)(1 + cosO) 
making the output Pa is unidirectional to angle 9. 

Meanwhile, in the above-mentioned example, the filter function A of the filter 33 is represented in 

A = 1/(1 + jo)C1-R1) 
and is configured to be C1 R1 = d/c, so that 

, . A = 1/(1 + jod/c) 

^T^J^!T 6 T ati0n P) that * he micr °P hone units in embodiment of Fig. 8 are unidirec- 
th P a T ^J^T h ™ e ™< fre ^ encv characteristics of these microphone units are going upward to the 
nght (that .s the higher the frequency, the greater the response). In this example, the frequency characteristic 
correcting circuit 36 is provided to flatten this characteristic cnaractenstic 

c Jrlr!^? ^ ^ " th * exam P |e of Fi 9- 9 - «ie «ter 33, the subtracting circuit 32. and the frequency 
F™ir? h C "T 36 a,S ° be im " emented * a filter or a program (sof twaref * 
and * ^r P r r 6 i m !? be COnstituted bv a di 9 ita ' f "tor comprising an adder 41 , a delay circuit 42, 
and a transfer function A feedback amplifier 43 as shown in Fig 10 

th» S m ! ( r 0p f h h 0ne W**" wording to the present invention has been described as applied to 
nl^ Z T P^sent invention is also applicable to any microphone systems 
mCr0Ph ° ne Umtt 3 miCr ° Ph0ne f ° r 3 P"*""— — v*o camera, and an instru- 
lt should also be noted that, although, in the above-mentioned example, the adaptive filter circuit 24 is 



EP 0 569 216 A1 



TT 9 direCti ° nal Chara ™- °< **• first and 

-^*e^ ^ b. P,ce d , pro , 

providing a compact, easy-to-transport implementaTion ^ micra P hone ' ,here "y 

isfo^^ 

departing from trTe Spirit or ^ JtU^^^.^ *"* be mad ° 



Claims 



2. 



3. 



1. A microphone apparatus comprising: 

a first microphone for picking up at least a desired sound- 

subtraCrnear ^ — * to "~ «- >°™ °«ne output siona, of said 

4. A microphone apparatus comprising: 

a first microphone having a directionality; 

^n?"^ iCr0Ph ° ne haVinQ 3 directiona,it y d^rent from that of said first microphone- 
*»J£Z£ f " ter ^ " adJUSted * ,he * «- W ^3. of said 

"■ iSSTSSC °" ' '■""'*"'" °*™" -» " *- 

• Ml Mom. toW»in9»P.l»»,.^,d.,™™». 0 „ 01 | 0 „ in „, 0 ,, c , m „ |ml , 



5. 



6. 
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directed; 

a second microphone having a directionality different from that of said first microphone; 

adaptive filter means for to which a signal picked up by said second microphone is supplied; and 

subtracting means for subtracting an output of said adaptive filter means from a signal picked up 
by said first microphone to output a signal as an output of said microphone apparatus; 

wherein said adaptive filter means is adjusted to minimize the power of the output signal of said 
subtracting means. 

A microphone apparatus as defined in Claim 8, wherein said adaptive filter means controls a filter weight 
to minimize the power of the output signal of said subtracting means. 
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